Abstract-A broadband digital harmonic vector voltmeter proposed previously and studied theoretically by the authors was implemented using a special-purpose, random sampling strategy, to avoid the bandwidth limitations due to the finite conversion time of the sample-and-hold and analog-to-digital-conversion (S/H-ADC) devices. The experimental results have shown that the bandwidth of the instrument is not limited by the finite conversion time of S/H-ADC devices, since good accuracy can be achieved even when the average sampling frequency is much lower than the signal bandwidth. The amplitude and phase uncertainty, with sinusoidal test signals up to 1 MHz and an average sampling rate of 10 kHz, was found to be lower than 3% and 0.03 rad, respectively. For more careful testing of the broadband performance of our instrument, we also carried out two-frequency, variable order harmonic measurements, which showed good accuracy (amplitude error less than 1.5% and phase error less than 0.03 rad) with harmonics up to 300 kHz. Reasonable accuracy (i.e., sufficient to correctly reconstruct the actual signal waveform) was also found with a highly distorted square-wave signal.
I. INTRODUCTION
T HIS paper describes the implementation of a broadband digital harmonic vector voltmeter proposed previously and studied theoretically by the authors [1] . The measurement procedure uses a digital signal processing algorithm aimed at extracting one of the two periodic exponential components of a sinusoidal reference signal. By time-domain averaging of the product of the signal and the th power of the reference exponential term, the relative amplitude and phase of any th harmonic of the given signal, normalized with respect to the given sinusoidal reference, can be obtained. For the digital implementation of this instrument it is important to choose a suitable sampling strategy. Thus, to avoid any bandwidth limitation due to a finite sampling frequency, an asynchronous random sampling strategy previously proposed by the authors was used [2] .
The measurement procedure is briefly recalled in Section II; the hardware structure of the instrument is described in Section III, while the experimental results, in terms of magnitude and phase accuracy as functions of frequency, are given in Section IV.
II. MEASUREMENT PROCEDURE
The harmonic vector voltmeter implemented provides amplitude and phase measurements of the spectral components of a periodic signal with respect to a sinusoidal reference; in particular, the instrument evaluates the spectral components whose frequencies are integer multiples of that of the reference signal . This instrument can be used, for example, to evaluate the response of a nonlinear system to a sinusoidal signal applied to its input, if this is assumed as the reference signal (Fig. 1) .
The periodic signal can be represented by a Fourier series (1) while the associated sinusoidal reference signal is: (2) Once the reference exponential term is known, each Fourier coefficient can be derived as the average of the product of with the th power of , according to the well-known formula (3) In order to deduce the reference exponential term from , a signal with a prefixed delay can be introduced [1] . In fact we may write (4) In the particular case of , with integer, (4) coincides with Euler's formula. Since the frequency 0018-9456/98$10.00 © 1998 IEEE of the reference signal is only approximately known, the quantities and must be estimated. It can easily be shown [3] that can be deduced from the autocorrelation of the signal . For the digital implementation of its autocorrelation, the signal is sampled at a sequence of successive pairs of instants and the quantity is estimated with a moving average filter (5) where is an integer which marks a specific value of deriving from a given set of sampling instants. Thus, the periodic exponential signal can be estimated by the following expression:
To make the contribution of to the error negligible, and minimizing the corresponding error [1] , a target value with integer (7)
should be approached. Since the delay is obtained through a programmable counter, can assume only a set of discrete values and the condition in general can only be approached. A suitable is obtained by adjusting its value through a recursive procedure until (5) verifies the condition (7) with an approximation such as to guarantee . An estimate of the Fourier series coefficients of can be digitally determined with a moving average of the last successive values of the sampled signal multiplied by the th power of [1] 
where is an integer which marks a generic time-dependent value of . In order to overcome the bandwidth limitation due to the finite sampling speed, a convenient random sampling strategy was used [2] , [4] - [6] . In this way, the only bandwidth limitation of the instrument derives from the bandwidth of the S/H circuit. This strategy divides the time axis into successive equal intervals ; within each of these intervals a random instant is inserted with a continuous uniform distribution in the interval. More precisely, a generic sampling instant can be defined as follows:
where the unknown constant represents the initial shift between the origin of the sampling sequence and the reference signal ; is the mean sampling-time interval, while is the th component of a set of random independent variables having a common continuous uniform distribution in the interval , with . The sequences of the random instants used to estimate and are different in order to guarantee that they are estimated independently. Fig. 2 shows a simplified block diagram of the harmonic vector voltmeter. The selected random sampling strategy implies that the time interval between two adjacent sampling instants can be practically null, while the distance of the following one is not smaller than ; thus, to satisfy these conditions each of the three identical acquisition channels includes two identical acquisition systems which operate, respectively, on alternate sampling instants [e.g., odd and even in (9)]. With reference to Fig. 2 , the periodic signal is applied to the first input module (called channel 1), while the reference signal and the delayed 1 one are applied to the second and the third modules (channel 2 and channel 3), respectively. The timing signals, required by each of the three acquisition channels according to the adopted random asynchronous sampling strategy, are generated by a suitable sampling time generator circuit. Fig. 3 shows the block diagram of the sampling time generator. This generator is synchronized with a "master clock" which divides the time axis into equally spaced intervals; within each interval a random sampling instant must be provided. For this purpose, a random number of eight bits is generated by the DSP. This number is first converted into a corresponding voltage amplitude by a DAC and then into a time instant by comparing it with a voltage ramp signal starting at the beginning of each time interval. When the amplitudes of the two signals coincide, a sampling pulse is generated. To achieve a continuous random distribution of the sampling instants, a random white noise of adequate amplitude is added to the output of the DAC.
III. HARDWARE STRUCTURE
First, the amplitude of the reference signal is determined measuring its rms value. The required rms value can be estimated by means of the simple formula (10) using the adopted asynchronous random sampling strategy [2] , [4] - [6] . Then, implementing (5) by software, a suitable value of , giving a sufficiently small must be found [in our testing procedures, the condition is imposed as a criterion for the search of a convenient value for ].
As the frequency of the clock signal which drives the delay generators is MHz, the delay can be increased in steps of 100 ns. The final value of can be obtained by adopting a convenient recursive procedure, which assures an adequate resolution and simultaneously optimizes the search and lock time, . Then this value can be used to estimate, through (6), the periodic exponential signal corresponding to the reference signal , in order to evaluate the spectral components of the signal by software implementing (8). Each channel can accept an input signal in the range V. Each module contains the S/H HA-5340 device (gainbandwidth product 10 MHz, slew rate 40 V/ s for 10 V output step) and the ADC HI 674-A (12 bits, conversion time 15 s), both manufactured by Harris. The average sampling-time interval is s (i.e., the mean sampling frequency is as low as kHz). Since the proposed harmonic vector voltmeter involves computationally intensive data processing algorithms, a floating point DSP located on a board connected to a PC was used. The communication with the external peripherals was implemented by means of a DSP-Link bus.
IV. MEASUREMENT RESULTS
The instrument calibration was performed only in dc conditions, by comparison with the HP3458A multimeter and according the manufacturer's suggested procedure, which requires trimming the offset and gain of the ADC until the total dc error becomes less than 3 mV. The number of successive sampled values of and used in the moving average filter to estimate through (5) was . Also the values of in (8) and in (10) were selected equal to 2 . To reduce the effect of the noise introduced by the acquisition channels and the variance associated to the sampling strategy [2] , [4] - [6] , the mean value of twenty successive measurements of was considered. The frequency response of the harmonic vector voltmeter was evaluated for three different phase values of an input sinusoidal signal with respect to the reference one , as shown in Table I . Both these signals were generated by the two-channel synthesizer HP3326A, which also allows adjusting the phase difference between the two channels, once a calibration procedure to set the null phase value has been carried out; to this end the digital oscilloscope TK2440 was used.
The amplitudes of and were measured with two HP3458A multimeters. If we recall that the value of the average sampling frequency was only 10 kHz, the results confirm that the adopted random asynchronous sampling strategy is such as to overcome any bandwidth limitation deriving from the finite sampling rate [2] , [3] - [5] . Thus, the instrument bandwidth practically depends only on the bandwidth of the S/H adopted in our implementation (i.e., 10 MHz gainbandwidth product and a maximum slew-rate of 40 V/ s in large signal operation). As regards the magnitude accuracy, we obtained an absolute accuracy and a ratio accuracy ; the phase discrepancy was less than 0.02 rad. In order to test the harmonic vector voltmeter accuracy under periodic, nonsinusoidal operation, different two-frequency signals, including a fundamental and different order harmonics, were used. These two frequency signals were generated using the two-channel synthesizer HP 3326A, while the reference signal was provided by a third function generator synchronized with the HP 3326A. The amplitude of both the fundamental and the harmonic was 2 V. The results given in Table II show good overall accuracy (better than 1.5% for the amplitude and 0.03 rad for the phase). This confirms the broadband capabilities of the signal sampling and numerical processing procedures adopted. In fact, both the fundamental and harmonic frequencies are well above not only the average sampling frequency adopted (10 kHz) but also the maximum sampling frequency which, in a conventional sampling approach, would be allowed by a 15 s conversion time of the HI 674-A ADC device. The performances discussed above were achieved by designing our prototype instrument according to conventional analog and digital design techniques, by simply following the state-of-the-art and, in particular, the component manufacturer's recommendations. In this respect, it should be noted that the nonideal behavior of most of the many building blocks in Fig. 1 (e.g. , all the components of the sampling time generator, except for the delay blocks) is not critical for the instrument accuracy, since the only requirement on these elements is producing a pseudorandom set of sampling instants with a reasonably uniform distribution. Actually, a good approximation of the required uniform, pseudorandom sampling time distribution was achieved; this was verified by measuring the sequence of sampling instants by means of an HP 3470B universal time interval counter. Good uniformity of the sampling time distribution was then confirmed by the Kolmogorov-Smirnov test. In fact, the maximum absolute difference between the empirical distribution function and the assumed uniform one was less than 5 10 . For the test at the 1% significance level the critical value for data is , which is greater than the observed value 5
10 . Consequently, our actual significance level exceeds 1% and we may regard the data as consistent with the hypothesis that they come from a uniform distribution. Delay block implementation, on the other hand, can be more critical for spectral analysis accuracy, since delay errors involve inaccuracies in the extraction of the reference exponential term of (6), as shown in [1] . As delay was implemented through a programmable counter with 100 ns resolution, this uncertainty (which could possibly be improved) is probably one of the causes of the accuracy limits found in the measurements.
Finally, in order to check the instrument's capability to deal with realistic, broadband periodic signals, the first twenty spectral components of a 62.5 kHz symmetric square wave with respect to a synchronous sinusoidal signal assumed as reference were measured. These harmonics were compared with the theoretical values corresponding to an ideal squarewave signal characterized by the same true rms value ( V) which was measured with the HP3458A multimeter. No direct comparison with the amplitude and phase spectrum of the nonideal square-wave provided by the HP 3326A synthesizer was possible, since a vector spectrum analyzer with adequate accuracy and bandwidth was not available. Thus, the amplitude and phase discrepancies in Table III include both the instrument's inaccuracies and test signal nonidealities. An overall evaluation of the instrument accuracy in the analysis of a highly distorted broadband signal, like a square wave, can be based on the global rms relative error (11) In the case of the square wave spectrum given in Table III , the global rms relative error , computed by consider harmonics, was found to be less than 4%, which includes not only instrument inaccuracy but also test-signal nonideality. The reasonably good overall accuracy in the measurement of the amplitude and phase spectra of a square-wave signal is also qualitatively confirmed by the comparison in Fig. 4 between the ideal and measured waveforms plotted by considering harmonics. The accuracy limits found in the above described tests can be caused by different sources of error, like the finite resolution in the delay block needed for the extraction of the periodic exponential signal from the reference channel, the numerical errors in the DSP algorithm and the noise introduced by the acquisition channels. We have verified that this noise can be reduced by more than one order of magnitude using optical isolators between each acquisition channel and the digital signal processing hardware.
V. CONCLUSIONS
The implementation of a digital harmonic vector voltmeter based on a special purpose random sampling strategy has been presented. The prototype instrument, based on a floating point DSP, has been tested on different signals, including a single sinusoid with different phases with respect to the reference one, a sinusoid plus a single harmonic of different order and a square wave. In all cases quite good accuracy both in magnitude and phase was found, even when the signal frequency was much higher than the mean sampling frequency. This feature directly derives from the basic properties of the random sampling strategy adopted and would be practically useful for implementing instruments operating at relatively high frequencies. His research activity is mainly oriented to digital signal processing in electronic instruments, power measurements, and characterization of nonlinear systems with memory.
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